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DATA NETWORK AND PSTN TELEPHONY SYSTEM 

FIELD OF THE INVENTION 
The present invention relates to data network and PSTN phone systems. 

BACKGROUND OF THE INVENTION 

The Internet telephone conversation is known. It has been possible for some 
time to have a voice conversation over the Internet, or other forms of computer network 
using a personal computer with a sound card, microphone, and speakers or an earphone. 
More recently there have been provided dedicated systems comprising a telephone 
keypad, receiver and screen. However such devices still require a sound card in order 
to work. 

Common methods for voice communication over a computer network 
employ a sound card on each machine participating in the conversation. 

Modified sound cards that enable a telephone to connect to a PC, are 
commercially available. For example, Phonejack and Linejack, by Quicknet 
Technology (www.quicknet.net), and Easyphone by Mediasonic (www.easyphone.com) 
enable a user to make telephone calls over the Internet using a PC related internal ISA 
card. 

US Patents No, 5,553,122 to Haber et al; 5,495,246 to Nichols et al; and 
5,727,047 to Bentley et al. describe methods and apparatus for interfacing computing 
devices to an analog telephone network. 

US Patent No. 5,473,676 to Frick et al. describes an interface system 
connected between the telephone base and handset which allows switching between 
voice and data communications over a single telephone line. 

The disclosures of all publications mentioned in the specification are hereby 
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incorporated by reference. 
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SUMMARY OF THE INVENTION 

According to a first aspect of the present invention there is provided an 
adapter comprising an analog to digital converter, for connecting a telephone set to a 
computer. 

In an embodiment the adapter may comprise a first output port configured as 
a telephone socket for attachment of a telephone plug. Preferably the adapter comprises, 
in addition, one or more additional output ports, configured as telephone sockets and 
each having a unique address. 

The adapter may also have a look-up table for translating numerical address 
information entered at a key pad of the telephone into addresses on the computer. 
Alternatively, or additionally, the look-up table may be for translating numerical 
information entered at a key pad of the telephone into addresses on a network to which 
the computer is attachable. Alternatively or additionally the lookup table may contain 
Internet addresses and the computer may have access to the Internet. 

According to a second aspect of the present invention there is provided an 
adapter comprising an analog to digital converter, for connecting a telephone set to a 
computer network. 

In a preferred embodiment a first output port of the adapter is configured as 
a telephone socket for attachment of a telephone plug. In a variation of this embodiment 
the adapter may further comprise one or more additional output ports, likewise 
configured as telephone sockets and each having a unique address. 

Preferably the adapter contains a look-up table for converting numerical data 
entered at a keypad of the telephone into addresses on the network. The network may 
for example be the Internet. 

The adapter may be a standalone device, that is to say an adapter that is able 
to send data directly to the network without requiring the intermediacy of a computer, 
and may comprise a module for operating an Internet protocol. 

According to a third aspect of the invention there is provided the use of a 
telephone as a peripheral device for a computer. 

3 





The telephone may be operatively attached to the computer via an adapter 
which is operable to convert digital signals output from the computer into analog signals 
for input to the telephone and to convert analog signals output from the telephone into 
digital signals for input to the computer. The telephone is thus usable for conducting 
voice communication over any network to which the computer is attached. 

According to a fourth aspect of the present invention there is provided the 
use of a telephone as a peripheral device for a computer, the computer comprising 
control software for managing said telephone. The control software may be encryption 
software or it may be exchange management software that carries out the types of 
function provided by office based exchange equipment. 

There is further provided according to another preferred embodiment of the 
present invention, a telephone communication system providing communication 
between a multiplicity of telephone instruments via a PSTN and a computer network, 
the system including a digital telephone switch controller interfacing between a local 
telephone instrument, the PSTN and a computer connected to the computer network and 
operative to analyze at least signalling information arriving from at least one of the local 
telephone instrument, the PSTN and the computer network and to responsively transmit 
at least one of voice information and signalling information to at least one of the local 
telephone instrument, the PSTN and the computer network. 

There is additionally provided according to another preferred embodiment of 
the present invention, a telephone system with local ringing voltage generation, the 
system including a local ringing voltage generator operative to locally apply single line 
ringing voltage to a telephone instrument, thereby to induce the telephone instrument to 
produce a ringing tone, and a voltage generator actuator operative to actuate the local 
ringing voltage generator upon receipt of a single line voltage generation actuation 
signal from a remote public system telephone network. 

Further in accordance with a preferred embodiment of the present invention, 
the telephone system also includes a public system telephone network operative to send 
a voltage generation actuation signal to the voltage generator actuator which signal is 



4 



incapable of directly actuating the telephone instrument to produce a ringing tone. 

There is also provided according to another preferred embodiment of the 
present invention, a method for setting up a conference call between three participants, 
the method including providing a digital telephone switch controller interfacing between 
a local telephone instrument, the PSTN and a computer connected to the computer 
network and operative to analyze signalling information and voice information arriving 
from at least one of the local telephone instrument, the PSTN and the computer network 
and to responsively transmit at least one of voice information and signalling information 
to at least one of the local telephone instrument, the PSTN and the computer network, 
and using the digital telephone switch controller to set up a conference call between the 
local telephone instrument, a remote telephone instrument, via the PSTN, and a remote 
subscriber to the computer network, via the computer network. 

Still further in accordance with a preferred embodiment of the present 
invention the controller receives digital voice information from the remote computer 
network subscriber, via the computer network. 

Additionally in accordance with a preferred embodiment of the present 
invention, the controller receives analog voice information from the local telephone 
instrument. 

Further in accordance with a preferred embodiment of the present invention, 
the controller receives analog voice information from the PSTN. 

Also in accordance with a preferred embodiment of the present invention, 
the controller is operative to analyze signalling information and voice information 
arriving from at least one of the local telephone instrument, the PSTN and the computer 
network. 

There is further provided according to another preferred embodiment of the 
present invention, a telephone communication system providing communication 
between a multiplicity of telephone instruments via at least one PSTN and at least one 
computer network, the system including a digital telephone switch controller interfacing 



between a local telephone instrument, the PSTN and a computer connected to the 
computer network and operative to analyze at least signalling information arriving from 
at least one of the local telephone instrument, the PSTN and the computer network and 
to perform local least cost call routing of corresponding voice information to a remote 
telephone instrument. 

Further in accordance with a preferred embodiment of the present invention, 
the switch controller is operative to mix voice information arriving from the local 
telephone instrument with voice information arriving from the PSTN. 

There is additionally provided, according to another preferred embodiment 
of the present invention, a telephone communication system providing communication 
between a multiplicity of telephone instruments via a PSTN and a computer network, 
the system including a digital telephone switch controller interfacing between a local 
telephone instrument, the PSTN and a computer connected to the computer network and 
operative to analyze at least signalling information arriving from at least one of the local 
telephone instrument, the PSTN and the computer network and to route at least one of 
voice information and signalling information accordingly. 

Still further in accordance with a preferred embodiment of the present 
invention, the adapter is implemented on a PC card. 

There is further provided, according to another preferred embodiment of the 
present invention, a telephone communication system providing communication 
between a multiplicity of telephone instruments via a PSTN and a computer network, 
and operative to record the communication at a local level, the system including a 
recording device for recording the communication at the local level, and a digital 
telephone switch controller interfacing between a local telephone instrument, the PSTN 
and a computer connected to the computer network, and operative to route voice 
information arriving from at least one of the local telephone instrument, the PSTN and 
the computer network to the recording device. 

There is further provided, according to another preferred embodiment of the 



present invention, a telephone communication system providing communication 
between a multiplicity of telephone instruments, a PSTN, and a computer network, the 
system including a digital telephone switch controller interfacing with a computer 
connected to the computer network, and an adapter interfacing with a local telephone 
instrument and a PSTN, wherein the adapter is a PC card. 

Still further in accordance with a preferred embodiment of the present 
invention, the digital telephone switch controller includes a slot for a PC card. 
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BRIEF DESCRIPTION OF THE DRAWINGS 

For a better understanding of the invention and to show how the same may 
be carried into effect, reference will now be made, purely by way of example, to the 
accompanying drawings in which, 

Figure 1 shows a network operative in accordance with the present 

invention; 

Figure 2 shows another network operative in accordance with the present 

invention; 

Figure 3 shows a plurality of telephones connected to a single computer, in 
accordance with a further embodiment of the present invention; 

Figure 4 is a flow diagram of a method of operation of an embodiment of 
the present invention; 

Figure 5 is a simplified functional block diagram of a telephone 
communication system providing communication between conventional telephone 
instruments, a PSTN and a computer network, constructed and operative in accordance 
with a preferred embodiment of the present invention; 

Figure 6 is a simplified functional block diagram of a preferred 
implementation of the media signal gateway of Figure 5, constructed and operative 
according to a preferred embodiment of the present invention; 

Figure 7 is a timing diagram illustrating the responses of telephone 
equipment under the control of the media and signalling processor of Figure 5; 

Figures 8 is a timing diagram illustrating the responses of a PC under the 
control of the media and signalling processor of Figure 5; 

Figure 9 is a simplified flowchart of a preferred method for the operation of 
the digital telephone and media switch controller of Figure 5, allowing a user to 
manually dial either PSTN or IP calls; 

Figure 10 is a simplified flowchart illustrating a preferred mode of operation 
of the IP translation mechanism of the digital telephone and media switch controller of 
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Figure 5, 

Figure 1 1 is a simplified functional block diagram of a VoIP (voice over IP) 
engine system providing communication between conventional telephone instruments, 
via a data network, constructed and operative in accordance with a preferred 
embodiment of the present invention; and 

Figure 12 is a simplified flowchart illustrating a preferred method for 
selecting a client according to a predefined rules set, performed by the digital telephone 
and media switch controller of Figure 5. 
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DESCRIPTION OF THE PREFERRED EMBODIMENTS 

Figure 1 shows a network operative in accordance with a preferred 
embodiment of the present invention. 

A telephone 10, which produces analog signals, is preferably connected to 
an adapter 12. The adapter 12 preferably translates those analog telephone signals into 
digital data so that the telephone can be connected via the adapter 12 to a standard 
computer 16. The adapter thus allows an ordinary telephone to appear as a peripheral 
device to a computer. The computer 16 in turn may be connected to a computer 
network such as a company LAN, WAN, or the Internet. 

Preferably the adapter not only translates the data into analog signals but 
also arranges the data into packets with address information. Address information is of 
two forms. Firstly there is address information of a target address that the device wishes 
to communicate with. As the telephone 10 is a standard telephone it is unable to 
provide Internet addressing information in the standard format because individual 
alphabetic characters are not provided on a standard telephone keypad. It is however 
possible to input a full numerical IP address or a short code which is used in a lookup 
table 14 to generate an address recognizable to the Internet, or for that matter any other 
network that may be in use. 

The look-up table 14 may be located in the adapter 12 or it may be located 
in a computer 16 to which the adapter is connected. The computer may be equipped 
with a modem 18 or network card and is preferably capable of running the necessary 
protocols to communicate via the network. In the case of the Internet this means that the 
computer is preferably able to run the TCP/IP protocol, for example, and will be able to 
connect to an Internet host 20 via the telephone network 22. 

The Internet is able, in the standard manner, to determine from the address 
information how to direct the data packets received from computer 1 6 over the Internet 
24 to the correct host 26 of the called party. The host 26 is either already in contact with 
the computer 28 of the called party or, in a further embodiment, it makes contact via the 
local telephone network 30. The signal is preferably relayed from the computer 28 to an 
adapter 32 of the called party, where it is preferably converted into analog signals and is 
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thus made available to telephone 34. 

It is noted that the invention does not require both parties to the conversation 
to have a telephone connected to an adapter of the invention. It is possible for the 
calling party to have a computer with standard Internet telephone equipment, sound card 
and software. In this case adapter 32 of the called party need only be provided with, 
software that allows it to deal with sound files of a format produced by the sound card 
of the calling party. It is also possible, if the calling party has a telephone connected to 
an adapter according to the invention which itself has access to the public telephone 
network, PSTN, for the called party simply to have an adapter and telephone without 
being connected to any computer network. Thus the calling party is preferably able to 
utilize spare capacity on the network and is nevertheless able to communicate with 
people not having a presence on that network. 

If the network to which the calling party is connected is the Internet and the 
called party does not have an Internet connection the table 14 preferably indicates a 
remote Internet host that is located physically close to the called party, that is to say, 
preferably a local phone call away. The table preferably further provides a phone 
number so that the remote Internet host can dial and thus a long-distance or international 
phone call can be made for the price of two local phone calls. 

Figure 2 shows a local network, such as a company Intranet. A plurality of 
telephones 40 are connected via a plurality of adapters 42 to a plurality of computers 44. 
The computers are all linked together via a LAN or WAN of any appropriate type. A 
server 46 is provided which links the LAN to the Internet and the telephone network. 

At present many organizations have WANs of one sort or another linking 
various sites. However the WAN is rarely used for voice communication between 
various sites because the computers are not all equipped with sound cards. Thus voice 
communication has to use the telephone network and spare bandwidth on the WAN is 
wasted. However, in preferred embodiments of the present invention a sound card is not 
necessary, neither is the purchase of a dedicated microphone and speakers. All that 
needs to be done is to connect an existing telephone set, via an adapter of the present 
invention, to a computer on the network and voice communication via the computer is 
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rendered possible. 

Figure 3 shows how more than one telephone 10 may be connected to a 
single adapter 12. The adapter preferably has more than one port to which a telephone 
lead may be attached. Each port typically has a unique address, which is used in 
preparing headers for packets of data issuing from that port. Thus data packets 
produced by the adapter can be sent by computer 16 out to the Internet without the 
computer needing to know about the fact that different packets come from different 
telephones. Similarly incoming packets, because they include the port address, can be 
directed to the correct port on the adapter without any difficulty and without interfering 
with conversations being conducted via the other telephones. 

Figure 4 is a flow diagram of a preferred method of operation of the adapter 
12. In step 50 the adapter identifies the start of a call. It is sensitive to the tones or 
pulses used in dialing and records the digits being dialed. The dialed digits are taken to 
be address information 55. The format of the dialed information is checked in step 60 
and if it is found to be in IP address format then that is used directly to address the data 
packets. If not then the lookup table is used in step 65 to translate into an IP address. 

In step 70 a source address is prepared. The source address includes the IP 
address of the calling party and also, in the case of multiple telephone ports on a single 
adapter, the address of the port from which the conversation is being sent. 

Once the address information is completed and a connection is established, 
the adapter has the task, step 75, of digitizing the conversation itself. The digitized 
conversation is arranged in the aforementioned data packets, step 80, and is output to the 
computer in step 85 as data packets ready for the TCP/IP protocol or the like. 

In a preferred embodiment of the present invention the part of the operation 
carried out by the computer can also be carried out internally within the adapter so that 
the telephone does not need to be connected to a computer. In this case the only 
additional ability that the adapter typically employs is the processing power to support 
TCP/IP and to carry out the functions of a modem. Also the lookup table 14 is 
preferably stored internally of the adapter. As an alternative to storing the lookup table 
14 internally of the adapter it is possible to have the lookup table 14 stored on a 
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computer to which the adapter has access. 

In an adapter having more than one telephone port, a preferred embodiment 
is able to recognize the address of another of its own ports when dialed. Thus a 
conversation between two telephones connected via the same adapter is possible. 

An advantage of a preferred embodiment of the present invention is that a 
standard telephone can utilize qualities of the computer or of the network. For example 
the computer, or adapter may have encryption software. The encryption software may 
be any encryption software and may include software that is used for encryption over the 
telephone network or any software that is used for encryption over the computer 
networks such as the Internet. Encryption standards that may be used include, for 
example, one-way hashed protocols such as MD5 and two-way hashed protocols based 
upon DES. 

It is also possible, through use of the appropriate software, to ensure that the 
appropriate packets are delivered to more than one address. Thus the source telephone 
acts as a multicast or broadcast system. It is also possible to provide software to support 
conference calling; that is to say, there is provided exchange management software for 
managing different types of telephone call. At present the software for doing this is 
generally located in a costly telephone exchange device. 

Reference is now made to Figure 5 which is a simplified functional block 
diagram of a telephone communication system 90 providing communication between 
conventional telephone equipment, a PSTN 110 and a data network 120, the system 
being constructed and operative in accordance with a preferred embodiment of the 
present invention. The data network 120 may for example comprise the Internet or an 
intranet. 

The system 90 of Figure 5 typically interfaces with PSTN 1 10 as a normal 
subscriber via a DAA (direct arrangement access) unit 130 which may for example 
comprise a K951C and K592C chip set DAA unit commercially available from Krypton 
Isolation, Pleasanton, CA, USA. Preferably, a PSTN/system switch 150 is provided 
which provides selective engagement of the telephone equipment 100 with either the 
system 90 or the PSTN 1 10. The DAA unit 130 and a ringing SLIC (subscriber line 

13 



interface circuit) unit 140 preferably feed into a media signal gateway 160 (described in 
detail in Figure 6), an echo control unit 175, a codec 165, a digital signal processor 
(DSP) 170, a media and signalling processor 180, and finally to a digital telephone 
media and switch controller 190 via an interface 200, such as an RS232, USB, parallel 
port, wireless connection, PC card, PCMCIA etc., generating a dual purpose link (media 
and control) between itself and the digital telephone media and switch controller 190. It 
is appreciated that in a preferred embodiment, interface 200 may not interface with a 
PC, but may comprise a proprietary interface with a standalone microprocessor, such as 
a digital telephone switch. 

The digital telephone media and switch controller 1 90 is typically connected 
to the data network 120 via a physical interface 195 which may, for example, comprise a 
BCM4502 interface unit commercially available from Broadcom Corporation, Irvine, 
CA, USA, which is suitable for Ethernet use. The physical interface 195 may 
alternatively comprise an interface suitable to connect to one or more of the Internet, 
Ethernet, ATM, power line, HPNA (two wire telephone line), GSTN (general switch 
telephone network, such as DSL, frame relay, ISDN, analog etc.), wireless connection, 
infra red connection, cable TV etc. 

The ringing SLIC 140 may for example comprise an STLC3055, unit 
commercially available from SGS Thompson Microelectronics, San Jose, CA, USA. 

Codec 165 may for example comprise an MCI 45480 codec unit 
commercially available from Motorola Semiconductors, Irvine, CA, USA. 

Digital signal processor 170 may for example comprise an ACA481xx unit 
commercially available from Audiocodes Communications, Yehud, Israel. 

Echo control unit 175 may, for example comprise a MH88524 echo 
cancellation unit commercially available from Mitel Semiconductors, Kanata, Ontario, 
Canada. 

Media and signalling processor 180 may for example comprise an 
AT90S8515 microprocessor commercially available from Atmel Corporation, San Jose, 
CA, USA. A simplified illustration of a preferred implementation of the media and 
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signalling processor 180 is described with reference to Figures 7 and 8. 

In a preferred embodiment, the device 85 may comprise the adapter 12 of 
Fig. 3; and the digital telephone media and switch controller 190, and the physical 
interface 195 are located within the PC 16 of Fig. 3. 

Typically, a sensor array 210 is provided between the media signal gateway 
160 and the media and signalling processor 180, the sensor array 210 typically 
comprising a DTMF (dual tone multi-frequency) sensor 220 and a caller ID sensor 230. 
Alternatively, the sensor array 210 may be omitted and the functionality of the sensor 
array 210 may be integrated into the functionality of digital signal processor 170. 

DTMF sensor 220 may for example comprise an MT8070 DTMF receiver 
commercially available from Mitel Semiconductors, Kanata, Ontario, Canada. 

Caller ID sensor 230 may for example comprise an MT88e45 caller ID 
receiver commercially available from Mitel Semiconductors, Kanata, Ontario, Canada. 

The codec unit 1 65 is typically operative to convert digital signals to analog 
signals, and analog signals to digital signals. The echo control unit 175, which 
preferably comprises a standard 2 wires to 4 wires echo cancellation unit functionality, 
typically clears analog signals and eliminates echo therefrom. The DSP 170 typically 
performs echo control on digital signals, however the echo control unit 175 may be 
omitted and the analog echo control functionality of unit 175 incorporated into the DSP 
170. 

In the illustrated embodiment, the telephone equipment 100 typically 
comprises a non-cellular telephone instrument, however, alternatively, a cellular 
telephone instrument may be employed in which case suitable modifications are made to 
the system of Figure 5 to take into account the precise cellular communication interface 
and protocol. In an alternative embodiment the telephone equipment 100 may comprise 
complementary telephony equipment, such as a caller ID unit, a FAX or a modem. 

Reference is now made to Fig. 6 which is a simplified functional block 
diagram of a preferred implementation of media signal gateway 160. 

The media signal gateway 160 preferably comprises a real time analog mixer 
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235 operative to control the direction of flow of analog signals to and from the media 
signal gateway 160. Control over the three switches 240 typically allows the real time 
analog mixer 235 to receive and transmit analog signals from any of three different 
sources: the PSTN 1 10 via DAA 130; the telephone equipment 100 via the ringing SLIC 
140; and the data network 120 via the codec 165. 

The real time analog mixer 235 is preferably operative to eliminate one or 
more of the analog signals while keeping the amplitude constant by using a method such 
as an automatic gain control (AGC) method. The real time analog mixer 235 is also 
preferably operative to transfer voice information to the sensor array 210. 

The media signal gateway 160 preferably also comprises a real time digital 
mixer 245 operative to control the direction of flow of analog signals to and from the 
media signal gateway 160. The real time digital mixer 245 is preferably operative to 
receive and transmit digital control signal information to and from telephone equipment 
100 via the ringing SLIC 140; the PSTN via the DAA 130; and the data network 120 via 
the codec 165 . The real time digital mixer 245 is also preferably operative to receive 
and transmit digital control signal information to and from the PSTN/system switch 150. 

Reference is now made to Figures 7 and 8 which are timing diagrams 
illustrating the responses of telephone equipment and a PC, respectively, under the 
control of media and signalling processor 180. 

Tl is the minimum interval to hold TXD line low for causing a break 
condition: 87jj,sec. (10 bits). 

T2 is the minimum guard time from end of break condition to the start of 
command/acknowledge transmission: 8.7j^sec. (1 bits). 

The media and signalling processor 180 preferably accepts any command 
that may be sent from the PC during a response procedure, but typically remains in a 
Break condition until an Acknowledge command is sent from the PC. If the PC does 
not respond to a Break signal within approximately 5msec, the processor 180 typically 
returns to Mark, and tries again to signal with Break to the PC, typically every 
approximately 5msec. 
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Thus the transfer time is typically: Command from PC = 4 - 5 bytes., and 
Response from S-Phone = 7-8 bytes, i.e. a total of 1 1-13 bytes. 

The terms 'Break', 'Mark' and 'Acknowledge' are used with reference to 
the standard terminology for a RS 232 interface. 

A preferred format for the Commands/Responses is as follows: 

All commands/responses, except Acknowledge response, are in the 
following format: 

<prefix> <command/response> [parameter] 

? <prefix> - start of command, (ASCII 1 OH). 

? <command/response> - Command/Response byte. 

? [parameter] - optional - extra byte for extended Commands/Responses. 

The Acknowledge response format is preferably as follows: 



One byte, saving transmission time: 
<acknowledge> - ASCII 06H. 
Command/Response byte: 



Ext. 


CR* 


CR 5 


CR4 


CR 3 


CR 2 


CR, 


CRo 



Ext. : 1 = Extended command/response. The command is followed by a parameter. 

CR0-6 : Command/Response code bits. 

A preferred frequency/tone detection method using square wave input, 
typically employed by the media and signalling processor 1 80 is now described. This 
method preferably can be used in digital MPUs, can be used for detection of single 
frequency tones, and can be used to identify voice presence from other coherent signals 
on a phone line. It preferably also identifies US dual tones as a single frequency tone 
with a higher error rate. 

Preferred parameters include: 
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Low F: 



lowest frequency to detect, used to identify silence. 



ERROR: 



maximum difference typically allowed between two following square 



waves. 



LowTone: 



low boundary for a tested tone frequency range. 



HighTone: 



high boundary for a tested tone frequency range. 



Ntone: 



number of consistent waves in the frequency range of the tested tone 



to determine tone detection. 



Nvoice: 



number of inconsistent waves to determine voice detection. 



ToneCounter counter for NTone consistent waves in the frequency range of the 
tested tone. 

VoiceCounter: counter for Nvoice inconsistent waves. 

Fl > l/Low_F ? — > tone detected: silence. Reset all counters. 

|F1-F2| >= ERROR? — > VoiceCounter ++ Reset all other tone counters. 

VoiceCounter = NVoice ? — > tone detected: voice. Reset all counters. 

l/HighTone<=Fl <= 1 /LowTone — > ToneCounter ++ Reset all other tone 
counters, exclude VoiceCounter. 

ToneCounter = NTone ? — > tone detected: tone. Reset all counters. 

Returning now to Figure 5, the digital telephone media switch controller 190 
may, for example, comprise a suitably programmed personal computer. Alternatively, 
the digital telephone media switch controller 190 may, for example, comprise a suitably 
programmed microprocessor, which is not a PC. A simplified flowchart illustration of a 
preferred program for the controller is described in Figures 9, 10 and 12. 

In one embodiment of the present invention the user of the system, when 
making a telephone call, is able to manually switch between dialing via IP or PSTN. 

Figure 9 is a simplified flowchart of a preferred method for the operation of 
the digital telephone and media switch controller 190 of Figure 5, allowing a user to 
manually dial either PSTN or IP calls. When the handset is taken 'off-hook', step 300, 




or any equivalent step which is typically the prelude to dialing from the telephone 
equipment 100, the device typically switches to a default state. The default state is 
preferably user-defined during configuration, and in this embodiment the default state is 
either IP or PSTN. 

All user-defined configuration of the system of the present invention . 
preferably occurs upon first use, however reconfiguration may be performed at any time. 
Configuration typically is via a set-up screen on a PC, however configuration may 
alternatively occur via DTMF via the telephone equipment 100. 

If the default line is IP (yes at step 310), the digital telephone switch 
controller 190 preferably switches to an IP line (step 320). Typically, upon switching to 
an IP line, the device 85 transmits a dial-tone signal (step 320) to the telephone 
equipment 100, until a keypad button is pressed. In response, the media and signal 
processor 180 typically receives DTMF signalling (step 330), from the telephone 
equipment 100, via the ringing SLIC 140, the media signal gateway 160, and the sensor 
array 210. The media and signalling processor 180 typically either translates the signals 
to commands, which commands are transmitted to the switch controller 190, or media 
and signalling processor 180 transmits the signals directly to the digital telephone switch 
controller 190 where they are translated. 

If the default line is not IP (no at step 310), then the switch controller 190 
typically switches to a PSTN line (step 340), and receives the DTMF signal (step 330). 
Typically, upon switching to a PSTN line, the device plays the central office's (CO's) 
dial-tone until the user begins to dial. 

If the user presses (step 350) a configurable Tine Switching Digit' before 
any other digit (e.g. '#' by default), the device preferably switches to the other line, i.e. 
from PSTN to IP, or from IP to PSTN. 

If a user starts dialing on a PSTN line beginning with any digit other than 
the predefined 'Line Switching Digit* (step 360), then the PSTN call is typically dealt 
with in the normal fashion. 

It is appreciated that since all digits, including the 'Line Switching Digit', are 
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transferred directly to the PSTN line when switched to it, the 'Line Switching Digit 1 is 
preferably selected to be a digit that does not have a special meaning to the CO or 
private branch exchange (PBX) to which the system is connected. 

If a user starts dialing on an IP line (step 370) beginning with any digit other 
than the predefined 'Line Switching Digit 1 , the digits are typically collected and stored in 
a buffer (step 380) until the user dials the 'Send' digit (e.g. '#'). Once the 'send 1 digit has 
been entered, the collected digits (i.e. a telephone number) are preferably transferred to 
the IP translation mechanism to determine how to dial them (step 390). 

A call dialed over an IP line is typically of the type PC-to-PC, or PC-to- 
Phone. It is appreciated, however, that while one preferred embodiment of the invention 
is described herein with reference to PC-to-PC or PC-to-Phone calls, the present 
invention applies equally to calls of the type net-to-PC, PC-to-net, net-to-net, or net-to- 
phone. 

To determine the type of call and the dialing mechanism preferably utilized, 
the method of Figure 10 is preferably employed. 

Figure 10 is a simplified flowchart illustrating a preferred mode of operation 
of the IP translation mechanism of the digital telephone and media switch controller 
190, corresponding to step 390 of Fig 9. 

If the number dialed by a user over an IP line begins with a pre-defined 
digit, i.e. "PC2PCPrefix", (e.g. '*' by default; step 410), it is preferably dialed as a PC- 
to-PC call (step 420). In this case the dialed number is preferably translated to an IP 
address. The predefined digit PC2PCPrefix is preferably user-configurable, via 
software. 

A preferred translation mechanism is now described: 

If the number is a valid IP address 430 (e.g., 139.92.184.76) the number is 
typically dialed using an engine such as a VoIP engine (step 440). As conventional 
telephone equipment does not have a button for a dot 7, the dots are typically 
represented by an asterisk '*'. 

A VoIP engine (described below with reference to Figure 11) typically 
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comprises the following functions: signalling protocols such as H.323, MGCP and SIP; 
and voice compression and echo cancellation functions, preferably allowing the engine 
to receive and transmit voice packets. 

If the number is a short number, typically in the range of 0-255 (step 450), 
the number is typically considered as an IP/PBX or network/PBX extension, and is 
combined with a pre-defined mask, configurable by software (e.g. "10.0.0"), to make a 
valid IP address (step 460), and dialed (step 440). 

If the number is not a valid IP address, and the number is not a short digit in 
the range of 0-255, the number is preferably transferred to a mechanism such as 
Mirabilis ICQ as an ICQ# for translation into an IP address (step 470), and dialed (step 
440). 

If the above procedure does not yield a valid IP address the number is 
deemed to be illegal, and a reorder tone is typically transmitted to the telephone 
equipment 100. 

A preferred method for connecting phone calls over an IP network, using a 
VoIP engine (step 440) is now described with reference to Figure 11, which is a 
simplified functional block diagram of a VoIP (voice over IP) engine system providing 
communication between conventional telephone instruments, via a data network, 
constructed and operative in accordance with a preferred embodiment of the present 
invention. 

Device A, while connected to data network 120, preferably sends a message 
containing its personal ID and IP address to all other devices connected via the data 
network 120, i.e. devices B and C. At least once in each predefined period, which is 
typically up to about 30 seconds, device A preferably sends a 'keep alive' message to the 
data network 120. Each device connected to data network 120 that received the 
message from device A, preferably, in return, send their personal details and IP address 
to device A. At least once in each predefined period, which is typically up to about 30 
seconds, all other devices, i.e. devices B and C, preferably send a 'keep alive' message to 
the data network 120. Each device is thus preferably operative to store details of other 
connected devices in a 'connected' list in its memory, enabling that device to know 
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which other devices are connected and which are not connected. When one of the 
devices does not send a keep alive period within a certain period the other devices 
typically delete this device from the connected list. 

A preferred method of making a phone call via this engine is now described. 

A local phone user picks up the handset of telephone equipment 100 and 
waits for a dial tone. In the absence of a dial tone the user typically hangs up the phone, 
and waits for a dial tone. If the user receives a dial tone he typically dials the number of 
a remote user using the telephone keypad, followed by an "end of number" key, . e.g. 
The device 90 preferably translates the number to an IP address taken from a 
preprogrammed table containing telephone numbers and their related IP addresses. This 
table is typically updated from the information which was received from other devices 
connected to the data network. Telephone numbers are preferably constant in this table, 
even if the IP address and details changes. 

If the number is not valid, i.e. not in the list, a reorder tone is preferably sent 
to the local phone. If the remote user is busy, a busy tone is preferably sent to the local 
phone. If the remote user answers, voice packets are preferably transferred over the data 
network from the local user device to the remote user device, and vice versa. 

When one of the parties unhooks the phone, a termination signal is 
preferably sent to the other party and the session ends. Both parties are then typically 
ready to create or receive a new phone call. 

Referring back to Figure 10, if the number does not begin with the 
"PC2PCPrefix", it is typically dialed as a PC-to-Phone target (step 490). Dialing is 
typically performed using one of a list of PC-to-Phone clients supported by the software 
(e.g., Net2Phone, Delta-Three, etc.). To determine which client is used, a PC-to-Phone 
Dialing-Rules mechanism is preferably utilized. 

The software setup of the digital telephone and media switch controller 190 
preferably contains a Dialing-Rules wizard enabling the user to define a set of rules for 
dialing PC-to-Phone targets. The client to be used is preferably selected according to 
the predefined rules set, in a procedure described with respect to Figure 12. 
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If there is a rule such as "Dial ALL calls using X client" 500, which typically 
supersedes all other rules, then the call is made using X client (step 510). 

A number is typically tested to see whether it begins with an international 
code (step 520). If the number does not begin with an international code, it is typically 
defined as a local call 530. In the presence of a rule such as "Dial calls within my 
country using Y client" 540, then if the target is local ('yes' at step 535), the call is 
preferably made using Y client (step 550). 

If the target is not local ('no' at step 535), and a PC-to-Phone client, Z, has 
been designated for that particular target country (step 560), the phone call is preferably 
made using Z client (step 570). 

In the absence of a rule designating a particular client for the particular 
target country 560, then in the presence of a rule such as "Dial countries NOT in the list 
using W client" 580, the call is preferably made using W client (step 590). 

If no rule matches the specified target, i.e. error 595, dialing is preferably 
stopped, and a reorder tone is typically played. 

It is particular feature of a preferred embodiment of the present invention 
that the system is operative to record IP calls on the local level, preferably by the user's 
computer. It is appreciated that this recording can preferably be performed while using 
any IP-Client to make calls if the client is using a mechanism such as the Microsoft 
'WAVE' mechanism (WIN32SDK/DDK, by Microsoft Development Network; 
www.microsoft.com) to handle audio streams. 

Previous difficulties that existed in recording such a call included that the 
wave/in & wave/out drivers are used in a way opposite to their names, i.e. 
'WAVE/OUT' is used to handle an incoming voice stream, while the 'WAVE/IN 5 
driver is used to create the outgoing stream. Another major disadvantage was the fact 
that most wave-drivers do not allow for multiple instances, and so no other application 
can use a wave driver while in use by the IP Client. 

The ability of the present invention to record IP calls on the local level, 
preferably by the user's computer, overcomes these prior disadvantages in the following 
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manner. 

In a preferred embodiment, recording is achieved by adding a 'virtual' 
wave/in device to the device wave-driver. The virtual device acts as a standard wave 
device for the Microsoft MMSYSTEM mechanism (WIN32SDK/DDK, by Microsoft 
Development Network; www.microsoft.com), but is typically dependent upon the. 
regular wave-driver for streaming. 

When the device 85 is open and a call is in progress, there are typically two 
audio streams running, one for audio-out to the telephone equipment 100, via the device 
85, and the other for audio-in from the telephone equipment 100. 

Dual duplex digital recording is typically performed as described below. 

The real time analog mixer 235 of media signal gateway 160 is preferably 
operative to mix analog data from the PSTN 110 and the telephone equipment 100. 
This mixed analog information is transferred, via echo control unit 175, into digital 
information by codec 165, processed by DSP 170, and the digitized information is 
transferred via the media and signalling processor 180 and interface 200 to the digital 
telephone switch controller 190. The digital telephone switch controller 190 typically 
mixes this digitized data with digital data signals from data network 120. The digital 
telephone switch controller 190 is preferably able to store the mixed digital data 
information, thus recording the telephone conversation at the local level. 

The virtual wave-driver typically preferably hooks itself to both streams, and 
collects audio buffers (preferably in their raw-PCM format). When it has two such 
buffers (one for audio-in and one for audio-out), it typically mixes them to a single 
buffer (thus enabling the recording of a two-way call). The mixing is preferably 
performed via an AGC method to keep the energy level consistent when only one 
participant in a conversation is talking, i.e. when voice information is being transmitted 
in one direction from only one of the telephone equipment 100, the PSTN 110, or the 
data network 120. The joined buffer is typically transferred via the wave mechanism to 
the recording application. 

In a similar manner, another wave-driver is preferably added for wave/out to 
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the IP call, enabling the injection of wave files onto the call. This preferably enables, 
for example, playing a "Call- Waiting" beep to inform the participants of a call, of a 
waiting call. 

Several scenarios relating to the function of a preferred embodiment of the 
present invention are now described. The following scenarios are not meant to be 
limiting, and other scenarios are contemplated. 

Scenario 1 : Generating a call from the Telephone Equipment 100 

A user picks up the handset of telephone equipment 100, or performs 
another action which initiates the call procedure. The ringing SLIC 140 preferably 
detects the telephone equipment 100 is 'off-hook 1 and preferably transfers the 'off-hook' 
signal to media and signalling processor 180 via media signal gateway 160. Media and 
signalling processor 180 preferably transfers a 'be ready to receive* signal to digital 
telephone media and switch controller 190, and media and signalling processor 180 
preferably sends a dial tone to telephone equipment 100 via DSP 170, codec 165, echo 
control unit 175, media signal gateway 160 and ringing SLIC 140. 

The telephone equipment 100 preferably sends DTMF sequence to media 
and signalling processor 180 via ringing SLIC 140, media signal gateway 160, DTMF 
sensor 220, which sequence is typically inputted by a user touching buttons on a keypad 
of telephone equipment 100, and typically ends with the 'end of sequence "#" key. 
Media and signalling processor 180 preferably transmits the DTMF sequence to digital 
telephone media and switch controller 190. 

If the digital telephone media and switch controller 190 cannot translate the 
DTMF sequence to a valid IP address, a reorder signal is typically sent to telephone 
equipment 100 via media and signalling processor 180, media signal gateway 160 and 
ringing SLIC 140. If digital telephone media and switch controller 190 translates the 
DTMF sequence to a valid IP address it preferably sends a signal to the data network 
120 that it intends to start a phone call. Digital telephone media and switch controller 
1 90 typically receives one of several possible signals from data network 120 

Upon receipt of a busy signal, digital telephone media and switch controller 
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190 preferably passes this to 180 to generate a busy signal at telephone equipment 100. 

Upon receipt of a ringing signal, digital telephone media and switch 
controller 190 preferably passes this to media and signalling processor 180 to generate a 
ringing signal at telephone equipment 100. 

Upon receipt of an answer, all other signals are preferably stopped and 
digital telephone media and switch controller 190 preferably opens a full duplex voice 
packet channel, forming an open channel from telephone equipment 100 to the media 
and signalling processor 1 80, via DSP 1 70 and sensor array 210. 

Telephone equipment 100 can preferably send DTMF signals to digital 
telephone media and switch controller 190 via DTMF sensor 220, to operate commands 
from the other participant to the telephone comminication. 

If either telephone equipment 100 or the other participant to the call via the 
data network 120 hangs up, i.e. terminates the phone call, then digital telephone media 
and switch controller 190 preferably closes the voice packet channel. A signal is 
preferably sent to the other party that the first party has hung up. 

Scenario 2: Receiving a call from the PSTN 110 during a pre-existing 
conversation between the data network 120 and telephone equipment 100 

During a pre-existing telephone conversation between the a user connected 
via data network 120 and telephone equipment 100, media signal gateway 160 typically 
detects an incoming ringing signal and caller ID from the PSTN, via DAA 130, and 
preferably transfers it to media and signalling processor 180. Media and signalling 
processor 180 preferably sends the information to digital telephone media and switch 
controller 190, and if digital telephone media and switch controller 190 possesses a 
display, the caller ID is preferably displayed. 

Media and signalling processor 180 preferably sends a 'beep' signal to 
telephone equipment 100, via DSP 170, codec 165, echo control unit 175, media signal 
gateway 160 and ringing SLIC 140, to notify the user of telephone equipment 100 that a 
call is waiting. The user of telephone equipment 100 typically decides whether to 
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accept the call or not. 

If the user of telephone equipment 1 00 decides to accept the call from the 
PSTN, and hold the call from the data network 120, she typically pushes the button 
on telephone equipment 100. This typically holds the call from the data network 120 
and switches to the call from the PSTN 110. A signal is preferably sent to media signal 
gateway 160 via ringing SLIC 140, and from media signal gateway 160 to digital 
telephone media and switch controller 190 via media and signalling processor 180, to 
hold the call from the data network 120. Media signal gateway 160 preferably also 
sends a message to media and signalling processor 180 to allow the connection between 
telephone equipment 100 and PSTN 110 via DAA 130, media signal gateway 160 and 
ringing SLIC 140. 

If the user of telephone equipment 100 decides to switch back to 
conversation with the user over the data network 120, she typically presses pushes the '#' 
button on telephone equipment 1 00 again, and the conversation switches back from the 
user over the PSTN 1 10 to the user over the data network 120 in the same way. 

If one participant finishes a call, the user of telephone equipment 1 00 can 
switch back to the remaining remote participant by pushing the '#* button again. 

If the user of telephone equipment 100 decides to accept the call from the 
PSTN 110, and join this call to the pre-existing conversation to form a three-way 
conference call, she typically pushes the '*' button on telephone equipment 100. This 
preferably sends a signal to media and signalling processor 180, which instructs media 
signal gateway 160 to mix analog signals from PSTN 1 10 via DAA 130, from telephone 
equipment 100 via ringing SLIC 140, and from the data network via codec 165. 

To switch to conversation with only one participant of the three-way call, 
and not break the connection to the other participant, the user typically presses "#1" or 
M #2" to choose the desired channel, and the switching occurs as described above. To 
close one channel and to continue the conversation with the other channel, the user 
typically presses "#1" or "#2" to choose the non-desired channel, closes this channel and 
presses to switch to the desired conversation. 
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Scenario 3: Receiving a call from the data network 120 during a pre-existing 
conversation between the PSTN 110 and telephone equipment 100 

This scenario is typically as described above in Scenario 2 except as 
described. Telephone equipment 100 preferably generates a regular telephone call with 
the PSTN 110 via PSTN/system switch 150, hence avoiding the rest of the system. 
When a new call is received from data network 120 by digital telephone media and 
switch controller 190, a signal is preferably sent to media and signalling processor 180 
to open a channel to transmit a call waiting 'beep' to telephone equipment 100. 

Media and signalling processor 180 preferably sends a signal to media signal 
gateway 160 to "off-hook" the DAA 130, and then media and signalling processor 180 
preferably sends a beep via DSP 170, codec 165, echo controller 175, to media signal 
gateway 160, and via DAA 130 and PSTN/system switch 150 to telephone equipment 
100. 

If the user of telephone equipment 100 chooses to accept the call, then the 
call route is preferably switched from the PSTN/system switch 150 route, to the route 
via ringing SLIC 140 and media signal gateway 160, thus allowing the media signal 
gateway 1 60 to control the calls as above. 

Scenario 4: Telephone equipment 100 receiving a call from the data network 

120 

The present invention is preferably operative to receive communication from 
a data network 120. A telephone call is typically directed from the data network 120 via 
the device 85 to the telephone equipment 100, via the physical interface 195 and the 
digital telephone switch controller 190. The digital telephone switch controller 190 
preferably receives the incoming message signal, and typically transmits a command 
signal via interface 200 to the media and signalling processor 180. This command 
signal typically instructs the media and signalling processor 180 to send a generate 
ringing voltage signal via the media signal gateway 160 and the ringing SLIC 140, 
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instructing the telephone equipment 100 to ring. 

When the telephone equipment 100 is answered, a return signal is typically 
sent via the ringing SLIC 140 and media signal gateway 160 to the media and signalling 
processor 180, to the digital telephone switch controller 190. 

The digital telephone switch controller 190 preferably opens a voice packet 
channel via the media and signalling processor 180, the DSP 170, the codec 165, the 
echo controller 175, the media signal gateway 160 and the ringing SLIC 140 to the 
telephone equipment 1 00. When one party hangs up the call is preferably terminated 

If telephone equipment 100 is not answered after a predefined time period, a 
'no answer' signal is preferably transmitted to the data network 120 by the digital 
telephone switch controller 190. 

Scenario 5: Single line gateway between PSTN 110 and data network 120 

Data network 120 typically sends a signal to the digital telephone switch 
controller 1 90, that it wishes to generate a phone call to the PSTN and typically sends 
the desired phone number. Digital telephone switch controller 190 preferably sends the 
request signal and information to the media and signalling processor 180. Media and 
signalling processor 180 preferably sends an "off-hook" signal, via media signal 
gateway 160 and DAA 130, to PSTN 110, i.e. it opens the line between itself and the 
PSTN 110. 

Media and signalling processor 180 preferably detects the status of the 
PSTN from the progress tone sent back by the PSTN 110. The progress tone may 
comprise, for example, a dial tone, a busy tone, a 'message waiting' tone etc. If there is 
not tone, this typically means that the line is not connected. Media and signalling 
processor 180 preferably sends information regarding the progress tone to digital 
telephone switch controller 190. 

If a dialing tone is detected, media and signalling processor 180 preferably 
sends the dialing sequence to the PSTN 1 10 via DTMF signals or by pulse dialing, i.e. a 
preset tone for a particular PSTN line. The media and signalling processor 180 
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preferably detects the PSTN line status again. 

If the media and signalling processor 1 80 receives a busy signal from the 
PSTN 110, a signal is preferably sent to data network 120 via digital telephone switch 
controller 1 90 to hang up and repeat. 

If the media and signalling processor 1 80 receives a ringing signal from the 
PSTN 1 10, a ringing signal is preferably sent to data network 120 via digital telephone 
switch controller 190. 

If the telephone recipient from the PSTN answers, this is preferably detected 
by media and signalling processor 180, and a signal is preferably sent to digital 
telephone switch controller 190 to open a voice packet channel between data network 
120 and PSTN 110. 

When the media and signalling processor 180 detects that the PSTN 110 
hangs up, i.e. terminates the call, a signal is preferably sent to digital telephone switch 
controller 190 which terminates the call and sends a signal to data network 120 to this 
effect. 

In response to an external signal, typically from the PSTN 110 or the data 
network 120, the ringing SLIC 140 is preferably operative to act as a local ringing 
voltage generator, by locally applying single line ringing voltage to telephone equipment 
100, thus inducing equipment 100 to produce a ringing tone. For example, a single line 
voltage generation actuation signal from the PSTN 110, is typically transmitted via the 
DAA 130, and the media signal gateway 160 to the media and signalling processor 180. 
The media and signalling processor 180, acting as a voltage generator actuator, 
preferably transmits the actuation signal via the media signal gateway 160 to the ringing 
SLIC 140, which preferably generates the voltage to cause the telephone equipment 100 
to ring. 

It is appreciated that the codec 165, the DSP 170 and the echo control unit 
175 are typically only employed for voice processing functions, and not for control 
functions. 
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In another preferred embodiment of the present invention, the device 
(adapter) 85 is implemented on a PC card (PCMCIA), which is plugged into a laptop 
computer. In this embodiment, the digital telephone switch controller 190 preferably 
comprises a slot into which the PC card may be inserted. Two major difficulties have 
been overcome in the PCMCIA embodiment of this invention: size, and power supply. 

All the components described herein are of sufficiently small size, and high 
efficiency power dissipation, to fit onto a standard PCMCIA card. For example, in a 
preferred embodiment where interface 200 comprises a PCMCIA interface, the power 
supply is typically the PCMCIA socket, and a DC to DC converter in the ringing SLIC 
140 generates high ringing voltage to telephone equipment 100. 

In one preferred embodiment, suitable for connecting telephone equipment 
100 to a data network 120, and to a PSTN 110, the PCMCIA card is comprised all of the 
components of device 85. 

In an alternative preferred embodiment, suitable for connecting telephone 
equipment 100 to a data network 120, and not to a PSTN 110, the DAA 130, the 
PSTN/system switch 150, and the caller ID sensor 230 are preferably eliminated from 
the PCMCIA card, and the PCMCIA card comprises all other components of device 85. 

It is appreciated that the various features of the invention which are, for 
clarity, described in the contexts of separate embodiments may also be provided in 
combination in a single embodiment. Conversely, various features of the invention 
which are, for brevity, described in the context of a single embodiment may also be 
provided separately or in any suitable subcombination. 

In the appended claims the term "telephone" refers to a telephone suitable 
for attachment to the public switched telephone network, and includes telephones that 
produce an output in analog form and which produce tones or pulses in the widely 
recognized format for dialing and other purposes. 
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